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TIT L E OF T HE INVEN TIO N 

DEVICE. METHOD. AND PROGRAM FOR ENCODING / DECO DING 
OF SPEECH WITH FUNCTION OF ENCODING SILENT PERIOD 



TECHNICAL FIELD 

The invention relates to a device for encoding/decoding of digital 
information such as a speech signal, in particular, to a technique for 
encoding/decoding of a voice-less period. 



BACKGROUND ART 

Conventionally, some devices are proposed to reduce an 
average bit rate of transmission of a speech signal in a voice-lesa 
period (a period with no voice), by encoding a speech signal at lower bit 
rates than that used to encode a speech signal in a period with a voice. 
For example, the technique is disclosed in a document 1 (IEEE 
Communication Magazine, pages 64 - 73, Sep. 1997). 

The conventional encoding device determines whether the input 
signal includes a voice or not, for each frame with a predetermined size, 
e g- 10 milliseconds, and if the signal in the frame includes a voice, the 
signal is encoded and decoded in a general speech coding method. 

On the other hand, the input signal includes no voice, the 
conventional coding device discontinuously encodes feature parameters 
of the input speech signal and transmits the encoded parameters to a 
decoding device. Herein, the decoding device smoothes the feature 
parameters discontinuously received, and decodes a speech signal by 
using the smoothed parameters. 
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A method of determining whether the speech signal is voice-less 
or not for each frame, is also disclosed in the document 1 , In the 
method, a root means square value (hereinafter, referred to as "RMS") 
computed from an input speech signal for each frame, an RMS 
corresponding to a low frequency region, the number of zero crossing, 
and filter coefficients reprosGnting spectral envelope characteristics are 
used. 

The determination is done by comparing these values in each 
frame with the predetermined thresholds, 

A method of encoding a speech signal in a period with voice is, 
for example, disclosed as CELP method (Code Excited Linear 
Prediction Coding method) in a document 2 (ITU-T recommendation 
G.729, July. 1995). 

The CELP method is disclosed in a document 3 (Code-Excited 
Linear Prediction: High Quality Speech at Very Low Bit Rates (IEEE 
Proc. ICASSP'SS, pp. 937 - 940, 1985)). 

In an encoding process of a conventional coding device, first, 
speech signal is inputted frame by frame and is processed with linear 
predictive analysis to obtain linear predictive (LP) coefficients 
representing spectral envelope characteristics of a speech, and an 
excitation signal for driving an LP synthesis filter corresponding to the 
spectral envelope characteristics is derived to be encoded. 

Further, in an encoding process of the excitation signal, each 
frame is divided into subframos and encoding of the excitation signal is 
performed for each subframe. Herein, the excitation signal is composed 
of a pitch element representing a pitch period of the input signal, a 
residual element, and gains of these elements. The pitch element Is 
denoted as an adaptive codevector which is stored in a codebook, 
which is referred to as "adaptive codebook", and includes the past 



2 



£1 ^ ^ e ir:!i e: ^t'B o b :1. 6i o E! 



excitation signal. The residual element is denoted as a multipulse 
signal composed of a plurality of pulses. 

Also, in a decoding process, to decode a speech signal, an 
excitation signal derived by decoding the pitch element and the residual 
element is fed into a synthesis filter composed of decoded filter 
coefficients. 

In a method of encoding a speech signal in a voice-less period, 
as described in the document 1, first, an RMS and filter coefficients 
calculated from the speech are encoded at a coding device. Then, at a 
decoding device, a multipulse signal and a random signal are generated 
so that a root mean square of a sum of them is equal to the decoded 
RMS, and the sum of them is fed to a synthesis filter composed using 
the decoded filter coefficients to decode a speech signal in a voice-less 
period. 

In a voice-less period, the feature parameters arc transmitted 
only in frames that characteristics of the signal changes, otherv^ise 
nothing is transmitted. However, information showing whether the 
feature parameters is transmitted or not is sent in another way. 

When the feature parameters are not transmitted, the output 
speech signal is decoded by repeatedly using the past transmitted 
feature parameters. Smoothed RMS is used for decoding not to cause 
a discontinuity of a waveform of the decoded speech signal. 

Fig. 8 shows a block diagram representing a structure of a 
conventional encoding device. Referring to Fig. 8, the encoding device 
includes a voice part coding circuit 12, a voice-less part coding circuit 
14. a signal determining circuit 16, a switching circuit 18, and a bit 
sequence generating circuit 20. 

A speech signal is inputted frame by frame, for example, in 10 
milliseconds unit by an input terminal 10. The signal determining circuit 
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16 determines whether the speech signal from the input terminal 10 is a 
period with voice or a voice-less period for each frame, and passes the 
determining result (VAD determination sign) to the switching circuit 18 
and a bit sequence generating circuit 20. 

The voice part coding circuit 12 encodes the speech signal from 
the input terminal 10 for each frame, and passes the encoded signal to 
the switching circuit 18. 

The voice-less part coding circuit 14 encodes the speech signal 
from the input terminal 10 for each frame, and passes the encoded 
signal to the switching circuit 18. Further, the voice-less part coding 
circuit 14 sends determination information (DTX determination sign) 
indicating whether the encoded signal is transmitted in the voice-less 
period, to the bit sequence generating circuit 20. 

The switching circuit 18 operates based on the VAD 
determination sign received from the signal determining circuit 1 6. 
When the circuit 18 receives the sign indicating a voice period, the 
encoded signal passed from the voice part coding circuit 12 is sent to 
the bit sequence generating circuit 20. On the other hand, when the 
circuit 18 receives the sign indicating a voice-less period, the encoded 
signal passed from the voice-less part coding circuit 14 is sent to the bit 
sequence generating circuit 20. 

The bit sequence generating circuit 20 multiplexes the VAD 
determination sign from the signal determining circuit 16, the DTX 
determination sign from the voice-less part coding circuit 10, and 
encoded signal from the switching circuit 18, to generate bit sequence 
and outputs the bit sequence from an output terminal 22. 

Fig. 9 shows a block diagram for explaining a conventional 
decoding device. 
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Referring to Fig. 9, the decoding device includes a bit sequence 
decomposing circuit 26, a switching circuit 28, a voice part decoding 
circuit 30, and a voice-less part decoding circuit 34. 

The bit sequence decomposing circuit 26 decomposes a bit 
sequence inputted from an Input terminal 24 into the VAD determination 
sign, the DTX determination sign, and the encoded signaL And then, 
the circuit 26 sends the VAD determination sign and the encoded signal 
to the switching circuit 28, and sends the DTX determination sign to the 
voice-less part decoding circuit 34. 

The switching circuit 28 operates based on the VAD 
determination sign received from the bit sequence decomposing circuit 
26- When the circuit 28 receives the sign indicating a voice period, the 
encoded signal passed from the bit sequence decomposing circuit 26 is 
sent to the voice part decoding circuit 30. On the other hand, when the 
circuit 28 receives the sign indicating voice-less period, the encoded 
signal passed from the bit sequence decomposing circuit 25 is sent to 
the voice-less part decoding circuit 34. 

The voice part decoding circuit 30 decodes the encoded signal 
passed from the switching circuit 28 and outputs the decoded signal 
from an output terminal 32. 

The voice-less part decoding circuit 34 decodes the encoded 
signal passed from the switching circuit 28 by using the DTX 
determination sign from the bit sequence decomposing circuit 26, and 
outputs the decoded signal from an output terminal 32. 

Fig. 10 shows a block diagram representing a voice-less part 
decoding circuit 34 of a conventional decoding device. Referring to Fig. 
10, the voice-less part decoding circuit 34 includes a parameter 
decoding circuit 54, a random circuit 56, a pulse circuit 53, a pitch circuit 
58, a mixing circuit 61 , a smoothing circuit 66, and a synthesis circuit 68. 



5 



,0 9ii iS '7' S O 5 B 

The parameter decoding circuit 54 decodes filter coefficients and 
an RMS from the encoded signal inputted from an input terminal 52, 
and sends the filter coefficients and the RMS to the synthesis circuit 68 
and the smoothing circuit 66, respectively. 

The smoothing circuit 66 receives the RMS from the parameter 
decoding circuit 54, and smoothes the RMS. And then the circuit 66 
passes the smoothed RMS to the mixing circuit 51 . However, if it is 
found that the encoded signal is not transmitted through the DTX 
determination sign from an input terminal 50, the circuit 66 calculates 
the smoothed RMS by smoothing the RMS values of the past frames. 

Herein, a smoothed RMS P(n) which is used In the n4h frame In 
a voice-less period is calculated by using the following equation (1) with 
the RMS p(n) received in the n-th frame. However, when no encoded 
signal is transmitted, the RMS of the previous frame is used in the 
equation (1) instead of p(n). 

P(n)-(1-a) • P(n-1)+a - p(n) .,.,(1) 

Herein, a is a smoothing factor for determining a degree of 
smoothing, in the above-mentioned document 1, a fixed value 0.125 is 
set Further, P(-1) is equal to zero. 

The random circuit 56 generates a random signal and passes 
the random signal to the mixing circuit 61 . The pulse circuit 53 
generates a multipulse signal composing of a plurality of pulses, each of 
which has a location and an amplitude determined based on each 
random number, and passes the multipulse signal to the mixing circuit 
61. 

The pitch circuit 58 generates a pitch signal q(i) composed of the 
above-mentioned adaptive codevector, and passes IT to the mixing 
circuit 61 . Since a pitch period used to define the adaptive codevector 
is not transmitted, a random number is used instead. 
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The mixing circuit 61 computes an excitation signal x{i) to be fed 
into a synthesis filter by performing the linear sum of the random signal 
r(i) from the random circuit 56, the multipulse signal p(i) from the pulse 
circuit 53, and the pitch signal q(i) from the pitch circuit 58, and the 
result of the computation Is sent to the synthesis circuit 68. 

A method can be used of computing coupling coefficients of the 
linear sum as described in the document 1. 

In the method, first, a coupling coefficient of the pitch signal Gq 
is selected from a limited range of values according Xq a random 
number. 

Next, using the Gq, a coupling coefficient of the multipulse signal 
Gp is calculated so that the RMS derived from the linear sum of the 
pitch signal and the multipulse signal is equal to the smoothed RMS. 

Using thus calculated Gq and Gp, the linear sum of the pitch 
signal and the multipulse signal e(i) is calculated according to the 
following equation (2). 

e(i) = Gq - q(i) + Gp • p(i) ....(2) 

Furthermore, a coupling coefficient of the linear sum of e(i) and 
the random signal r(i). Gr(i) and y . is computed so that the RMS derived 
form the linear sum of the e(i) and r(i) is equal to the smoothed RMS. 
Herein, as a coupling coefficient of the random signal, a fixed value, y 
=0.6 is used. 

Therefore, the excitation signal to be fed into the synthesis filter, 
x{i), is computed according to the following equation (3). 
x(i) = Gr - [Gq ■ q(i) + Gp • p(i)] + y ' r(i) ...(3) 
The synthesis circuit 68 decodes the encoded signal by feeding 
the excitation signal passed from the mixing circuit 61 to a synthesis 
filter composed of the filter coefficients passed from the parameter 
decoding circuit 54. Then, the circuit 68 outputs the decoded speech 
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signal from an output terminal 70. 

However, the above-mentioned conventional device includes the 
following problems. 

The first problem is that there may be a case where filter 
coefficients used to decode a speech signal in a voice-less period 
changes discontinuously at a decoding device, and therefore, 
degradation of a quality of decoded signal occurs. 

That reason is because discontinuously transmitted filter 
coefficients are used as they are. 

The second problem is that a decoding process in the beginning 
period (for example, several hundreds of milliseconds) in a voice-less 
period may be influenced by a voice period right before the voice-less 
period, and consequently an amplitude of the decoded signal is 
increased over the actual amplitude or degradation of speech quality of 
the decoded signal occurs, for example, due to existence of echoed 
sound. 

That reason is because a smoothing process of the RMS is 
always performed in a voice-less period to prevent decoded 
(reproduced) signals in the voice-less period from being discontinuous. 

The third problem is that decoded signal in a voice-less period is 
remarkably different from a background noise of input speech signal in 
hearing the decoded signal, and as a result, discontinuous auditory 
impression is given between the background noise included in the 
voice-less period and a background noise in a voice period. 

That reason is because a fixed value is used as a ratio of a pulse 
element and a pitch element to a random element, in generating an 
excitation signal to be fed into the synthesis filter in a voice-less period. 

Therefore, the invention is considering the problems. It Is a main 
object of the invention to encode a speech signal in a voice-less period 
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in a high performance, and to provide a device which realizes a high 
coding quality even if an average transmission bit rate is decreased to 
encode a speech signal in a voice-less period. 

It Is another object of the Invention to provide a decoding device 
v^hlch can reduce a degradation of the speech quality due to 
discontinuity of the filter coefficients in decoding a speech signal in a 
voice-less period. 

DIS CLOS URE QF THE INVENTION 

According to a first aspect of the invention to realize the objects, 
a speech decoding device Is provided, which changes a decoding 
operation of a speech signal according to whether the speech signal is 
in a voice period or in a voice-less pehod in each frame, and which 
selects feature parameters representing spectral envelope 
characteristics of the speech signal to be decoded from the feature 
parameters, smoothes the selected feature parameters in a time 
direction, and decodes the speech signal by using the smoothed feature 
parameters. 

According to a second aspect of the invention, a speech 
decoding device is provided which changes a decoding operation of a 
speech signal according to whether the speech signal is in a voice 
period or in a voice-less period in each frame, and which decodes the 
speech signal by using a value, which is obtained by smoothing, in a 
time direction, at least one of the feature parameters according to an 
elapsed time from a time point when a transition occurs from the voice 
period to the voice-less period. 

According to a third aspect of the invention, a speech decoding 
device is provided which changes a decoding operation of a speech 
signal according to whether the speech signal is in a voice period or in a 
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voice-less period in each frame, and which decodes the voice signal by 
using a value, which is obtained from at least one of the received 
feature parameters as it is in a certain time period immediately after 
changing from the voice period to the volce-less period, and obtained by 
smoothing at least one of the feature parameters in a time period after 
the certain time period. 

According to a fourth aspect of the invention, a speech decoding 
device is provided which changes a decoding operation of a speech 
signal according to whether the speech signal is in a voice period or in a 
voice-less period in each frame, and which decodes the speech signal 
by using a value, which Is obtained by smoothing at least one of the 
feature parameters according to the feature parameters- 
According to a fifth aspect of the invention, a speech decoding 
device is provided which changes a decoding operation of a speech 
signal according to whether the speech signal is in a voice period or in a 
voice-less period in each frame, and which decodes the speech signal 
by using a value, which is obtained by smoothing, in a time direction, at 
least one of the feature parameters according to at least one of the 
feature parameters and an elapse time from when a transition is made 
from a voice period to a voice-less period. 

According to a fifth aspect of the invention, a speech decoding 
device is provided which changes a decoding operation of a speech 
signal according to whether the speech signal is in a voice period or in a 
voice-less period in each frame, and which decodes the speech signal 
by using a value, which is obtained from at least one of the feature 
parameters as it is when the feature parameter satisfies a 
predetermined condition, and obtained by smoothing, In a time direction, 
at least one of the feature parameters after the condition is not satisfied. 
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According to a sixth aspect of the invention, a speech decoding 
device is provided which changes a decoding operation of a speech 
signal according to whether the speech signal Is In a voice period or In a 
voice-less period in each frame, and which decodes the speech signal 
by using a value which is obtained by smoothing, in a time direction, at 
least one of the feature parameters according to an elapsed time from 
when a transition is made from a voice period to a voice-less period. 

According to a seventh aspect of the invention, a speech 
decoding device is provided which changes a decoding operation of a 
speech signal according to whether the speech signal Is in a voice 
period or in a voice-less period in each frame, and which decodes the 
speech signal by using a value, which is obtained from at least one of 
the feature parameters as it is when the feature parameter satisfies a 
predetermined condition and immediately after a transition is made from 
a voice period to a voice-less period, otherwise, obtained by smoothing, 
in a time direction, at least one of the feature parameters. 

According to an eighth aspect of the invention, a speech 
decoding device is provided, which changes a decoding operation of a 
speech signal according to whether the speech signal Is In a voice 
period or in a voice-less period in each frame, and which generates the 
a speech signal in a part of a voice-less period by feeding an excitation 
signal composed of plural types of signals, and determines coefficients 
used to perform a sum operation of the plural types of signals according 
to at least one of the received feature parameters. 

According to a ninth aspect of the invention, a speech decoding 
device is provided, which changes a decoding operation of the speech 
signal according to whether the speech signal is in a voice period or in a 
voice-less period in each frame, and which generates a speech signal in 
a voice-less period by feeding an excitation signal composed of plural 
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types of signals, and determines, in a part of the period, a coefficient 
used to perform a sum operation of the plural types of signals according 
to at least one of the feature parameters smoothed in a time direction. 

According to a tenth aspect of the invention, in the speech 
decoding device of the above the first aspect to the ninth aspect, the 
feature parameter includes at least one of a quantity representing 
spectral envelope of the signal to be decoded and a quantity 
representing power of the signals to be decoded. 

According to an eleventh aspect of the invention, a coding device 
which determines whether the speech signal is in a voice period or in a 
voice-less period in each frame, and encodes a feature parameter of 
the speech signal is incorporated with the voce decoding device of the 
first aspect to the tenth aspect, 

BRIEF DESCRIPTION OF THE DRAWINGS 

Fig. 1 shows a diagram of a structure of a voice-lcss part 
decoding circuit according to a first embodiment of the invention. 

Fig. 2 shows a diagram of a structure of a decoding device 
according to a second embodiment of the invention. 

Fig. 3 shows a diagram of a structure of a voice-less part 
decoding circuit according to a second embodiment of the invention. 

Fig, 4 shows a diagram of a structure of a decoding device 
according to a third embodiment of the invention. 

Fig, 5 shows a diagram of a structure of a voice less part 
decoding circuit according to a third embodiment of the invention. 

Fig. 6 shows a diagram of a structure of a decoding device 
according to a fourth embodiment of the invention. 

Fig. 7 shows a diagram of a structure of a voice-less part 
decoding circuit according to a fourth embodiment of the invention. 
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Fig. 8 shows a diagram of a structure of a coding device 
according to a conventional device and the invention. 

Fig. 9 shows a diagram of a structure of a conventional decoding 

device. 

Fig. 10 shows a diagram of a structure of a voice-less part 
decoding circuit of a conventional decoding device. 

RFST MODE F OR FMRODYING THF INVENTION 

Description is made about embodiments of the invention. A 
speech decoding device according to a first embodiment of the 
invention includes a switching device (shown in Fig. 9 (28)). a 
smoothing device (shown in Fig. 1 (64)), and a group of decoding 
devices (shown in Fig. 1 (56, 53, 58, 61, and 68)). 

The switching device switches the method of decoding the signal 
by using the feature parameters of the encoded signal to be decoded, 
according to determination information representing whether the 
encoded signal is in a voice period or in a voice-less period for each 
frame. The smoothing device smoothes the feature parameters 
representing spectral envelope characteristics of the encoded signal. 
The group of decoding devices decodes the encoded signal by using 
the smoothed feature parameters. 

A speech decoding device according to a second embodiment of 
the invention includes a switching device (shown in Fig. 2 (28)), a group 
of smoothing devices (shown in Fig. 2 (36) and Fig. 3 (49 and 51)), and 
a group of decoding devices (shown in Fig, 3 (56, 53, 58, 61, and 66)). 

The switching device switches the method of decoding the signal 
by using the feature parameters of encoded signal to be decoded, 
according to determination information representing whether the 
encoded signal is in a voice period or in a voice-less period for each 
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frame. The group of smoothing devices smoothes at least one 
parameter in the feature parameters, based on the parameters and an 
elapsed time from a time point when a voice period is changed to a 
voiceless period. The group of decoding devices decodes the encoded 
signals by using the smoothed feature parameters. 

A speech decoding device according to a third embodiment ot 
the invention includes a switching device {shown in Fig. 2 (28)), a group 
of smoothed value generating devices (shown in Fig. 2 (36) and Fig. 3 
(49 and 51)), and a group of decoding devices (shown in Fig, 3 (56, 53, 
58, 61, and 68)), 

The switching device switches methods of decoding the signal 
by using feature parameters of encoded signals to be decoded, 
according to determination information representing whether the 
encoded signal is in a voice period or in a voice-less period for each 
frame. The group of smoothed value generating devices set the original 
value of at least one of transmitted feature parameters as a smoothed 
value immediately after transition from a voice period to a voice-less 
period and when a feature parameter satisfies predetermined conditions, 
and thereafter, generate a smoothed value by smoothing at least one of 
the feature parameters. The group of decoding devices decodes the 
encoded signals by using the smoothed parameters. 

A speech decoding device according to a fourth embodiment of 
the invention includes a switching device (shown in Fig. 4 (28)), a group 
of signal generating devices (shown in Fig. 5 (56, 53, 58, 60, and 68)), 
and a coefficient determining device (shown in Fig. 5 (38)). 

The switching device switches the method of decoding the signal 
by using the feature parameters of encoded signals to be decoded, 
according to determination information representing whether the 
encoded signal is in a voice period or in a voice-less period for each 
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frame. The group of signal generating devices generates a decoded 
signal of a voice-less period by feeding an excitation signal connposed 
of plural types of signals into a synthesis filter» The coefficient 
determining device determines coefficients used to mix plural types of 
signals In the volce-less period according to at least one of the received 
feature parameters. 

A speech decoding device according to a fifth embodiment of the 
invention includes a switching device (shov^n in Fig. 6 (28)), a group of 
signal generating devices (shown in Fig. 7 (56, 53, 58, 62, and 68)), a 
group of parameter calculating devices (shown in Fig. 7 (49 and 51), 
and a coefficient determining device (shown in Fig. 6 (38)). 

The switching device switches methods of decoding signals by 
using feature parameters of encoded signals to be decoded, according 
to determination information representing whether the encoded signal is 
in a voice period or in a voice-less period for each frame. The group of 
signal generating devices generates a signal of a voice-less period by 
feeding an excitation signal composed of plural types of signals into a 
synthesis filter. The group of parameter calculating devices calculates a 
smoothed parameter by smoothing the received feature parameters. 
The coefficient determining device determines coefficients used to mix 
plural types of signals in the voice-less period according to at least one 
of the calculated feature parameters. 

In a speech decoding device according to a sixth embodiment of 
the invention, the feature parameters include at least one of a value 
representing the spectral envelope of the signals to be decoded and a 
value representing a power of the signals. 

A preferred embodiment of a encoding/decoding device 
according to the invention Includes a encoding device (shown in Fig. 8) 
which determines whether the input signal is in a voice period or in a 
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voice-less period for each frame and encodes feature paranneters of the 
input signal, and a speech decoding device according to one of the 
devices shown in the first embodiment to the sixth embodiment. 

Description is made about an operation and a principle of an 
embodiment of the invention. 

According to the Invention, the speech decoding device 
smoothes a discontinuously transmitted filter coefficients with the RMS, 
and uses the coefficients about a synthesis filter, in decoding a speech 
signal in a voice-less period. Thereby, a discontinuous change of the 
filter coefficients can be prevented which is caused due to the 
discontinuous transmission of the filter coefficients, and as a result, a 
voice quality of the decoded signal can be improved. 

In the speech decoding device, when the filter coefficients and 
the RMS which are smoothed In a voice-less period are currently used, 
the filter coefficients and the RMSs of the past frames influence the 
currently used filter coefficients and the RMS because of the smoothing 
process. 

Since the signal in the beginning of the voice-less period 
includes characteristics of a voice period immediately before the voice- 
less period, the signal in the voice-less period is decoded by using the 
feature parameters including the characteristics of the voice period. 
Consequently, an amplitude of a waveform of the decoded signal 
become larger than an actual amplitude of the input speech signal, or 
degradation of the decoded speech signal, such as an existence of 
echo in the decoded signal, may occur. 

To prevent them, when a predetermined time elapses or a 
certain number of frames are received from a time point of the transition 
from a voice period to a voice-less period, for example, a smoothing 
factor is set not to perform smoothing process when a value of the RMS 
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representing an amplitude of the decoded speech is still larger than a 
predetermined value. Thereby, in the beginning of the voice-less period, 
an effect from the voice period immediately before the voice-less period, 
due to smoothing of the feature parameter can be reduced. 

There may be the auditory difference betv^een a background 
noie^e included in the signal decoded In a voice part decoding circuit and 
the signal decoded in a voice-less part decoding circuit, in a case where 
background noises arc included in the input signal. This reason is that 
the voice-less part decoding circuit computes an excitation signal to be 
fed into a synthesis filter, on only condition that the RMS of the signal 
becomes equal to a smoothed value of the transmitted RMS. 

In the invention, it is capable of reducing degradation of the 
decoded speech quality due to the auditory difference, by determining 
how to compute the excitation signal considering characteristics of the 
input signal. To consider the characteristics, for example, a random 
noise signal is mainly used when the smoothed RMS is small, on the 
other hand, a pulse signal or a pitch signal is mainly used when the 
smoothed RMS is large or when the spectrum computed from the filter 
coefficients are not flat. 

Description is made in more detail about embodiments of the 
invention with reference to the drawings. A basic structure of an 
encoding device used in the embodiments is similar to the structure of 
the coding device shown in Fig. 8. Also, a basic structure of the 
decoding device is similar to the structure of the decoding device shown 
in Fig. 9. 

Fig. 1 shows a block diagram of a structure of a voice-less part 
decoding circuit In a decoding device according to the first embodiment 
of the invention. Referring to Fig. 1, the voice-less part decoding circuit 
of the first embodiment is different from the voice-less part decoding 
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circuit 34 shown in Fig. 10 in that the former voice-less part decoding 
circuit further includes a snnoothing circuit 64. In the following 
description, it is mainly explained about the difference between the 
device according to the invention and the conventional device, therefore, 
explanation about common parts will be omitted. 

A parameter decoding circuit 54 determines th© filter coefficients 
and the RMS by using a sequence of signals received from an input 
terminal 52, and passes the determined filter coefficient and the 
determined RMS to the smoothing circuit 64 and the other smoothing 
circuit 66, respectively. 

The smoothing circuit 64 smoothes the filter coefficients received 
from the parameter decoding circuit 54 and passes the smoothed filter 
coefficients to the synthesis circuit 68, However, the smoothing circuit 
64 performs smoothing process by using the filter coefficients of the 
past frames when the DTX determination sign received from an input 
terminal 50 indicates that the feature parameters are received. 

Smoothed filter coefficients F(n, i), (i 1 M) used for the n-th 
frame from the beginning of each voice-less period, is calculated by 
using an equation (4) with the filter coefficients r(n, i) (i - 1, .... M) 
entered In the n-th frame. Also, in a frame where nothing Is transmitted, 
the filter coefficients sent immediately before the frame are used to 
calculate instead of f (n, i). 

F(n, i) = (1 - ^)F(n-IJ)-*- ^f(n, i) ...(4) 

Herein, /3 is a smoothing factor to determine a degree of 
smoothing. Also, F (-1 J), (i = 1 , .... M) is equal to 0. 

M is an order of the synthesis filter. The synthesis circuit 68 
decodes the signal by feeding an eycltatlon signal received from the 
mixing circuit 61 into the synthesis filter composed of the filter 
coefficients received from the smoothing circuit 64, and outputs the 
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decoded signal to an output terminal 70. 

Fig. 2 shows a diagram representing a structure of the decoding 
device according to the second embodiment of the invention. The 
embodiment differs from the conventional decoding device shown in Fig. 
9 in that a structure of a voice-less part decoding circuit 35 of the 
embodiment is different from that of the conventional decoding device, 
and the embodiment includes a smoothing control circuit 36. 
Hereinafter, description is mainly made about the difference between 
the decoding device according to the second embodiment and the 
conventional decoding device, and explanation about parts each of 
which is the same as the corresponding part of the conventional 
decoding device may be omitted for the sake of convenience. 

A bit sequence decomposing circuit 26 decomposes a bit 
sequence supplied from an input terminal 24 into a VAD determination 
sign, a DTX determination sign, and a sequence of the encoded signal, 
and passes the VAD determination sign to a smoothing control circuit 
36 and a switching circuit 28, passes the sequence of the signal to the 
switching circuit 28, and passes the DTX determination sign to a voice- 
less part decoding circuit 35. 

The switching circuit 28 passes the sequence of the signal 
passed from the bit sequence decomposing circuit 26 to a voice part 
decoding circuit 30 when the VAD determination sign from the bit 
sequence decomposing circuit 26 indicates that the input signal is in a 
voice period, or passes the sequence of the signal to a voice-less part 
decoding circuit 35 when it indicates that input signal is in a voice-less 
period. 

The smoothing control circuit 36 passes smoothing factors a (n) 
and H (n) determined based on a change of the VAD determination sign 
from the bit sequence decomposing circuit 26, to the voice-less part 
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decoding circuit 35. Herein, n represents a frame number, counted 
from the beginning, of frames in each voice-less period. 

For example, when the VAD determination sign indicates that the 
input signal is in a voice-less period, an effect of a part in a voice period 
immediately before the volce-!ess period on the beginning part In the 
voice-less period can be reduced by setting each of values of the 
smoothing factors a (n) and i3 (n) to 1 in the first specified frames or for 
a specified period in the voice-less period. Further, by setting each of 
values of the smoothing factors a (n) and jS (n) to 1 while a similarly 
transmitted parameter such as the filter coefficients or the RMS satisfies 
a specified condition, an effect of a part in a voice period immediately 
before the voice-less period on the beginning part in the voice-less 
period can be reduced. 

For example, the specified condition is that the RMS is more 
than a threshold value or that both the RMS and ^ the RMS of the first 
subframe in the voice-less period are less than a threshold value, for 
detecting that the RMS is under the influence of the part, in a voice 
period, immediately before the voice-less period. Also, the specified 
condition may be that a distance (for example, square distance) 
between the filter coefficients and a predetermined filter coefficients is 
less than a predetermined threshold value for detecting that the filter 
coefficients are similar to a smoothed spectrum In a voice period. 

Further, when a voice period immediately before a first voice- 
less period does not include a certain number of frames or is shorter 
than a certain length of period, a smoothed value in the last frame of a 
second voice-less period immediately before the voice period can be 
used as an initial value P(-1), F(-1, i), (i = 1, M) for calculating 
smoothed values of the filter coefficients and the RMS, since It Is 
considered that the characteristics of the input signal in the second 
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voice-less period is similar to the characteristics of the input signal in 
the first voice-less period. 

The voice-less part decoding circuit 35 decodes the signal in a 
voice-less period by using the smoothing factors rv. (n) and p (n), the 
DTX determination sign received from the bit sequence decomposing 
circuit 26, and the sequence of the signal received from the switching 
circuit 28, and outputs the decoded signal to an output terminal 32. 

Fig, 3 shows a diagram representing a structure of the voice-less 
part decoding circuit 35 according to the second embodiment of the 
invention. The voice-less part decoding circuit 35 is different from the 
voice-part decoding circuit of the first embodiment of the Invention In a 
structure of a smoothing circuit 49 and a smoothing circuit 51. 

A parameter decoding circuit 54 determines the filter coefficients 
and the RMS based on a sequence of the encoded signal entered from 
an input terminal 52, and passes the filter coefficients to the smoothing 
circuit 49 and passes the RMS to the smoothing circuit 51 . 

The smoothing circuit 49 smoothes the filter coefficients supplied 
from the parameter decoding circuit 54 by using a smoothing factor ^ 
(n) entered from an input terminal 65. and passes the smoothed filter 
coefficients to a synthesis circuit 68. However, when the DTX 
determination sign received from an input terminal 50 indicates that the 
encoded signal is not transmitted the filter coefficients of the previous 
frame is repeatedly used. 

The smoothed filter coefficients used in the n-th frame from the 
beginning of each voice-less period, F (n. i), (i = 1, M) can be 
calculated by using the following equation (5) which is similar to the 
above equation (4), with the filter coefficients entered in the n-th frame 
f(n, i). 

F(n, i) - (1^/3 (n)) • F(n^1, i) + (n) - f(n, i) ...(5) 
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Herein, a value of /3 (n) is changed according to the number of 
frames which have already received in each voice-less period, and 
lakes about 1 v^^hen a few frames are received, so as to remove an 
effect from the past frames. For example, it can be set as follows. 

]8 (1 )= (2)=1 .0, & (3)= /3 (4)=...= ^ (L)=0.7. Herein, L is the 
number of frames in each voice-less period. 

The smoothing circuit 51 smoothes the RMS sent from the 
parameter decoding circuit 54 and passes the smoothed RMS to a 
mixing circuit 61 . However, when the DTX determination sign sent from 
an input terminal 50 indicates that the encoded signal is not transmitted, 
a smoothing process is performed by using the RMS recently received. 
The smoothed RMS P(n), which is used in the n-th frame from the 
beginning of each voice-less period, is calculated by using the following 
equation (6) which is similar to the equation (1), with the RMS p(n) 
entered in the n th frame. 

P(n) = (1-a(n)) • P(n-1)+ a(n) - p(n) ...(6) 

Herein, similarly to j3 (n), a (n) is changed according to the 
number of frames which have already received in each voice-less 
period, and takes about 1 when a few frames are received, so as to 
remove an effect from the past frames. For example, It can be set as 
follows- 

a (1 )= a (2)=1 .0, a (3)= a (4)=...= a {L)=0.7. Herein, L is the 
number of frames in each voice-less period. 

Also, one of the processes of the smoothing circuits 49 and 51 
can be performed, In this case, the filter coefficients or the RMS sent 
from the parameter decoding circuit 54 are or is directly sent to the 
synthesis circuit 68 or a mixing circuit 61. 

In the mixing circuit 61, calculates an excitation signal x(i) to be 
fed into a synthesis filter by performing the linear sum about a random 
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signal r(i) sent from a random circuit 56, a pulse signal p(i) sent from a 
pulse circuit 53, and a pitch signal q(i) sent from a pitch circuit 58 with a 
smoothed RMS sent from the smoothing circuit 51, and passes the 
calculated signal to the synthesis circuit 68. 

The synthesis circuit 68 decodes the speech signal by feeding 
the excitation signal sent from th© mixing circuit 61 into the synthesis 
filter composed of the filter coefficients sent from the smoothing circuit 
49, and outputs the decoded speech signal from an output terminal 70, 

Fig. 4 shows a diagram representing a structure of a decoding 
device according to the third embodiment of the invention. The 
embodiment differs from the conventional decoding device in a voice- 
less part examining circuit 38 and a voice-less part decoding circuit 37. 

A bit sequence decomposing circuit 26 decomposes a bit 
sequence supplied from an input terminal 24 into a VAD determination 
sign, a DTX determination sign, and a sequence of signals, and passes 
the VAD determination sign and the sequence of signals to a switching 
circuit 28, and passes the DTX determination sign to a voice-less part 
decoding circuit 37. 

The switching circuit 28 passes the signal passed from the bit 
sequence decomposing circuit 26 to a voice part decoding circuit 30 
when the VAD determination sign from the bit sequence decomposing 
circuit 26 indicates that the input signal is in a voice period, or passes 
the sequence of signals to a voice-less part decoding circuit 37 when it 
indicates that the input signal is in a voice-less period. 

The voice-less part examining circuit 36 determines a set up 
parameter to adjust coupling coefficients of the linear sum used at the 
mixing circuit 62 shown in Fig. 5 by using the filter coefficients and the 
RMS sent from the voice-less part decoding circuit 37, and passes the 
parameters to the voice-less part decoding circuit 37. Description will 
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be made later with a process in the mixing circuit 62 about calculation of 
the set up parameters. 

Fig, 5 shows a diagram representing a structure of the voice-less 
part decoding circuit 37 according to the third embodiment of the 
invention. The voice-less part decoding circuit 37 is different from the 
voice-part decoding circuit 35 of the first embodiment of the invention in 
a mixing circuit 62 and an output destination of a parameter decoding 
circuit 54. Hereinafter, description is made mainly about the difference, 
and description about the common part is omitted. 

A parameter decoding circuit 54 determines the filter coefficients 
and the RMS based on a sequence of signals entered from an input 
terminal 52, and passes the filter coefficients to the smoothing circuit 64 
and an output terminal 23, and passes the RMS to the smoothing circuit 
66 and an output terminal 25. 

The smoothing circuit 66 smoothes the RMS passed from the 
parameter decoding circuit 54 and passes the smoothed RMS to a 
mixing circuit 62. When the DTX determination sign sent from an input 
terminal 50 indicates that the encoded signal is not transmitted, the 
RMS, which is transmitted immediately before the current frame, is used 
to smooth. Further, it can be controlled not to update the smoothed 
RMS by setting smoothing factors a (n) and i3 (n) to zero. 

A random circuit 56 generates a random number and passes the 
random number to the mixing circuit 62. 

A pulse circuit 53 generates a pulse signal composed of a pulse 
having a location and an amplitude generated base on the random 
number, and passes the pulse signal to the mixing circuit 62. 

The mixing circuit 62 calculates coupling coefficients of the 
above-mentioned linear sum by using the set up parameter received 
from an input terminal 60 and the smoothed RMS received from the 
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smoothing circuit 66. 

Also, the circuit 62 calculates a linear sum signal of the random 
signal from the random circuit 56, the pulse signal from the pulse circuit 
53, and the pitch signal from the pitch circuit 58 by using the coupling 
coefficients, and passes the linear sum signal to the synthesis circuit 68. 

The synthesis circuit 68 decodes input signal by feeding an 
excitation signal sent from the mixing circuit 62 into a filter composed of 
the filter coefficients sent from the smoothing circuit 64, and outputs the 
decoded signal from an output terminal 70. 

Next description is made about the voice-less part examining 
circuit 38 and the mining circuit 62. 

The voice-less part examining circuit 38 determines the 
characteristics of a background noise in a voice-less part, and changes 
a calculation method of the coupling coefficients of the pitch signal, the 
pulse signal, and the random signal in the mixing circuit, according to 
the determined characteristics. As set up parameters to be changed, 
there are an order to decide the coupling coefficients or a coupling 
coefficient y . 

The voice-less part examining circuit 38 uses information, for 
example, the RMS and the filter coefficients to determine the 
characteristics of the background in the voice-less part. 

According to a method of controlling the set up parameters 
based on the above the illustrated information, when the RMS is iess 
than a predetermined threshold value and thereby it is presumed that 
there is no background noise, or when it is presumed that the input 
signal is a white noise since an inclination of spectrum of the input 
signal calculated from the filter coefficients is flat, a contribution rate of 
the random signal is expanded. It means that a value of y is reduced 
with keeping the order of calculation of the coupling coefficients. 
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Also, the set up parameters of the voice-less period can be 
included in a sequence of signals and transmitted with the signals. 

Fig. 6 shows a diagram representing a structure of a decoding 
device according to the fourth embodiment of the invention. The 
embodiment differs from the second embodiment of the invention in a 
voice-less part examining circuit 38 and a voice-less part decoding 
circuit 39. 

A bit sequence decomposing circuit 26 decomposes a bit 
sequence supplied from an input terminal 24 into a VAD determination 
sign, a DTX determination sign, and a sequence of signals, and passes 
the VAD determination sign to a smoothing control circuit 36 and a 
switching circuit 28, passes the sequence of signals to the switching 
circuit 28, and passes the DTX determination sign to a voice-less part 
decoding circuit 39. 

The switching circuit 28 passes the sequence of signals passed 
from the bit sequence decomposing circuit 26 to a voice part decoding 
circuit 30 when the VAD determination sign from the bit sequence 
decomposing circuit 26 indicates that the encoded signal is in a voice 
period, or passes the sequence of signals to a voice-less part decoding 
circuit 39 when it indicates that input signal is in a voice-less period. 

The smoothing control circuit 36 passes the smoothing factors a 
(n) and 13 (n) which are determined according to a change of the VAD 
determination sign sent from the bit sequence decomposing circuit 26 to 
the voice-less part decoding circuit 39. 

The voice-less part examining circuit 38 determines a set up 
parameter to adjust coupling coefficients of the linear sum used at the 
mixing circuit 62 shown in Fig. 7 by using a smoothed RMS sent from 
the voice-less part decoding circuit 39, and passes the parameters to 
the voice-less part decoding circuit 39. 
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The voice-less part detecting circuit 39 can perform a set up 
parameter determining process by replacing RMS with smoothed RMS 
in above-mentioned process of the voice-less part examining circuit 38. 

The voice-less part detecting circuit 39 decodes an input signal 
in a voice-less period, by using the DTX determination sign from the bit 
sequence decomposing circuit 26, the encoded signal from the 
switching circuit 28. the smoothing factors a (n) and /3 (n) from the 
smoothing control circuit 36, and the set up parameters from the voice- 
less part examining circuit 38, and outputs the decoded signal from an 
output terminal 32. 

Also, smoothed RMS calculated by a smoothing circuit 51 shown 
in Fig. 7 and smoothed filter coefficients calculated by a smoothing 
circuit 49 are passed to the voice-less part examining circuit 33. 

Fig. 7 shows a diagram representing a structure of the voice-less 
part decoding circuit 39 according to the fourth embodiment of the 
invention. The voice-less part decoding circuit 39 is different from the 
voice-part decoding circuit of the second embodiment of the invention in 
that in the fourth embodiment, an output from a smoothing circuit 51 is 
supplied to an output terminal 69 and a smoothing circuit 49 is supplied 
to an output terminal 63. 

In each of the above described embodiments of the invention, a 
pitch signal, a pulse signal, and a random signal is used to compute an 
eycltatlon signal of a synthesis filter, but any of them can be omitted. 

A decoding device according to the invention and a coding 
device described in a background section of the specification can be 
applied to a radio terminal or a radio base station thereby, a radio voice 
communication system using a speech signal compressing technique 
can be easily established. Further, a voice terminal can be easily 
constructed by storing a program to perform the above described 
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decoding method of the invention into a storage medium such as a 
floppy disk and by loading the program into a personal computer to 
which a loudspeaker is connected. 

As dGscrlbed above, according to the Invention, the following 
effects are obtained, 

A first effect of the invention is that speech quality degradation 
due to discontinuous change of the filter coefficients used in decoding 
the signal in a voice-less period can be prevented in the decoding 
device of the invention. 

This reason is that the discontinuously transmitted filter 
coefficient Is smoothed and used In the Invention 

A second effect of the invention is that a speech quality 
degradation due to influence of a voice period immediately before a 
voice-less period on the beginning of the voice-less period can be 
reduced in the decoding device of the invention. 

This reason is that a smoothing factor is adjusted not to smooth 
the feature parameters in the beginning of a voice-less period, 

A third effect of the invention is that auditory discontinuity caused 
by a transition between a voice period and a voice-less period can be 
reduced in the decoding device of the invention. 

This reason is that when an excitation signal of a reproduction 
filter is generated in a voice-less period, ratio of a random element to a 
pulse element and a pitch element is changed according to a nature of 
input signals. 
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CLAIMS 

1. A speech decoding device which decodes a speech signal by 
using received feature paranneters according to whether the speech 
signal is in a voice period or in a voice-less period, the device 
comprising: 

a decoding unit which decodes the speech signal in at least a 
part of the voice-less period by using a smoothed value obtained by 
smoothing the feature parameter representing spectral envelope 
characteristics, 

2. A speech decoding device which decodes a speech signal by 
using received feature parameters according to whether the speech 
signal to be decoded is in a voice period or in a voice-less period, the 
device comprising: 

a voice-less part decoding unit which changes, according to an 
elapsed time from a time point when a transition occurs from the voice 
period to the voice-less period, a coefficient used to smooth at least one 
of the feature parameters, and decodes the speech signal in the voice- 
less period by smoothing at least one of the feature parameters with the 
changed coefficient. 

3. The speech decoding device of claim 2, wherein the voice- 
less part decoding unit decodes the speech signal by using at least one 
of the received feature parameters as it is in a time period immediately 
after changing from the voice period to the voice-less period, and 
decodes the speech signal by using at least one smoothed feature 
parameter selected from the feature parameters after the time period. 

4. A speech decoding device which decodes speech signal by 
using received feature parameters according to whether the speech 
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signal to be decoded is in a voice period or in a voice-Iess period, the 
device comprising: 

a voice-less part decoding unit which changes a value of a 
coefficient used to smooth at least one of the feature paranneters 
according to the feature parameters, and decodes the speech signal in 
the voice-less period by smoothing at least one of the feature 
parameters with the changed value of the coefficient. 

5. The speech decoding device of claim 4, wherein the voice- 
less part decoding unit decodes the speech signal by using at least one 
of the received feature parameters as it is while a feature parameter 
satisfies a predetermined condition, and decodes the speech signal by 
using at least one smoothed feature parameter selected from the 
feature parameters after the condition is not satisfied. 

6. A speech decoding device which decodes speech signal by 
using received feature parameters according to whether the speech 
signal to be decoded is in a voice period or in a voice-less period, the 
device comprising: 

a voice-less part decoding unit which changes a value of a 
coefficient used to smooth at least one of the feature parameters 
according to information representing whether the feature parameters 
are transmitted or not, and decodes the speech signal in the voice-less 
period by smoothing at least one of the feature parameters with the 
changed value of the coefficient. 

7. The speech decoding device of claim 2, wherein the voice- 
less part decoding unit changes, according to an elapsed time from a 
time point when a transition occurs from the voice period to the voice- 
less period and to the feature parameters, a value of a coefficient used 
to smooth at least one of the feature parameters, and decodes the 
speech signal in the voice-less period by smoothing at least one of the 
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feature parameters with the changed value of the coefficient. 

8. The speech decoding device of claim 3, wherein when the 
decoding process of the speech signal in the voice-less period is 
performed after the time period, the decoding process is performed by 
using at least one smoothed feature parameter selected from the 
feature parameters, according to an ©lapsed time from a time point 
when a transition occurs from the voice period to the voice-iess period 
and to at least one of the feature parameters. 

9, The speech decoding device of claim 5, wherein when the 
decoding process of the speech signal in the voice-less period is 
performed after the time period, the decoding process is performed by 
using at least one smoothed feature parameter selected from the 
feature parameters, according to an elapsed time from a time point 
when a transition occurs from the voice period to the voice-less period 
and to at least one of the feature parameters. 

10, The speech decoding device of claim 2, wherein the voice- 
less part decoding unit decodes the speech signal by using at least one 
of the received feature parameters as it is, in a first time period 
immediately after changing from the voice period to the voice-less 
period and in a second time period while the feature parameter satisfies 
a predetermined condition, and decodes the speech signal by using at 
least one smoothed feature parameter selected from the feature 
parameters after the first time period or the second time period is past. 

1 1 . The speech decoding device of claim 2, wherein the voice- 
less part decoding unit changes a value of a coefficient used to smooth 
at least one of the feature parameters according to information 
representing whether the feature parameters are transmitted or not. and 
decodes the speech signal in the voice-less period by smoothing at 
least one of the feature parameters with the changed value of the 
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coefficient. 

12. The speech decoding device of claim 4, wherein the voice- 
less part decoding unit changes a value of a coefficient used to smooth 
at least one of the feature parameters according to Information 
representing whether the feature parameters are transmitted or not, and 
decodes the speech signal in the voice-less period by smoothing at 
least one of the feature parameters with the changed value of the 
coefficient. 

13. The speech decoding device of claim 6, wherein the voice- 
less part decoding unit receives information representing whether the 
feature parameters are sent at a sending location. 

14- The speech decoding device of claim 1 1 , wherein the voice- 
less part decoding unit receives information representing whether the 
feature parameters are sent at a sending location. 

15. The speech decoding device of claim 12, wherein the voice- 
less part decoding unit receives information representing whether the 
feature parameters are sent at a sending location, 

16. The speech decoding device of claim 1 . wherein when a 
length of a voice period immediately before a first voice-less period is 
shorter than a predetermined length, a value of a feature parameter 
which is finally transmitted in a second voice-less period immediately 
before the voice period is used as an initial value of smoothing. 

17. The speech decoding device of claim 2. wherein when a 
length of a voice period Immediately before a first voice-less period is 
shorter than a predetermined length, a value of a feature parameter 
which is finally transmitted in a second voice-less period immediately 
before the voice period Is used as an Initial value of smoothing. 

18. The speech decoding device of claim 4, wherein when a 
length of a voice period immediately before a first voice-less period is 
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shorter than a predetermined length, a value of a feature parameter 
which Is finally transmitted in a second voice-less period immediately 
before the voice period is used as an initial value of smoothing, 

19. The speech decoding device of claim 6, wherein when a 
length of a voice period immediately before a first voice-less period is 
shorter than a predetermined length, a value of a feature parameter 
which is finally transmitted in a second voice-less period immediately 
before the voice period is used as an initial value of smoothing. 

20. A speech decoding device which decodes speech signal by 
using received feature parameters according to whether the speech 
signal Is in a voice period or in a voice^less period, the device 
comprising: 

a voice-less part decoding unit which generates signals in the 
voice-less period by feeding an excitation signal composed of plural 
types of signals to a synthesis filter in the voice-less period, wherein the 
voice-less part decoding unit comprises a weighting coefficient 
determining unit which determines a weighting coefficient used in a 
weighted sum operation of the plurality of types of signals in the voice- 
less period according to at least one feature parameter, and the 
excitation signal generated by using the weighting coefficient is fed to 
the synthesis filter. 

21 . A speech decoding device which decodes speech signal by 
using received feature parameters according to whether the speech 
signal is in a voice period or in a voice-less period, the device 
comprising: 

a voice-less part decoding unit which generates signals in the 
voice-less period by feeding an excitation signal composed of plural 
types of signals to a synthesis filter in the voice-less penod, wherein the 
voice-less part decoding unit comprises a weighting coefficient 
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determining unit which determines a weighting coefficient used in a 
weighted sum operation of the plurality of types of signals in the voice- 
less period according to at least one smoothed feature parameter 
obtained by smoothing a feature parameter selected from the received 
feature parameters in a time direction, and the excitation signal 
generated by using the weighting coefficient is fed to the synthesis filter. 

22. The speech decoding device of claim 1 , wherein the feature 
parameters includes at least one of a quantity representing spectral 
envelope of the signals to be decoded and a quantity representing 
power of the signals to be decoded. 

23. The speech decoding device of claim 2, wherein the feature 
parameters includes at least one of a quantity representing spectral 
envelope of the signals to be decoded and a quantity representing 
power of the signals to be decoded. 

24. The speech decoding device of claim 4, wherein the feature 
parameters includes at least one of a quantity representing spectral 
envelope of the signals to be decoded and a quantity representing 
power of the signals to be decoded. 

25. The speech decoding device of claim 6. wherein the feature 
parameters includes at least one of a quantity representing spectral 
envelope of the signals to be decoded and a quantity representing 
power of the signals to be decoded. 

26. The speech decoding device of claim 20, wherein the 
feature parameters includes at least one of a quantity representing 
spectral envelope of the signals to be decoded and a quantity 
representing power of the signals to be decoded. 

27. The speech decoding device of claim 21 , wherein the 
feature parameters includes at least one of a quantity representing 
spectral envelope of the signals to be decoded and a quantity 
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representing power of the signals to be decoded, 

28. The speech decoding device of claim 1 being included in a 
speech coding/decoding device with a coding device which deternnines 
whether the input signal is in a voice period or in a voice-less period for 
each frame and encodes the feature paranneters of the input signals to 
output 

29. The speech decoding device of claim 2 being included in a 
speech coding/decoding device with a coding device which determines 
whether the input signal is in a voice period or in a voice-less period for 
each frame and encodes the feature parameters of the input signals to 
output 

30. The speech decoding device of claim 4 being included in a 
speech coding/decoding device with a coding device which determines 
whether the input signal is in a voice period or in a voice-less period for 
each frame and encodes the feature parameters of the input signals to 
output. 

31 . The speech decoding device of claim 6 being included in a 
speech coding/decoding device with a coding device which determines 
whether the input signal is in a voice period or in a voice-less period for 
each frame and encodes the feature parameters of the input signals to 
output. 

32. The speech decoding device of claim 20 being included in a 
speech encoding/decoding device with a coding device which 
determines whether the input signal is in a voice period or in a voice- 
less period for each frame and encodes the feature parameters of the 
input signals to output. 

33. The speech decoding device of claim 21 being included in a 
speech coding/decoding device with a coding device which determines 
whether the input signal is in a voice period or in a voice-less period for 
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each frame and encodes the feature parameters of the input signals to 
output. 

34. A method of decoding speech signal by changing a 
decoding operation corresponding to received feature parameters 
according to whether the speech signal is in a voice period or In a voice- 
less period, the method comprising the steps of: 

smoothing the feature parameter representing spectral envelope 
characteristics of the speech signal to be decoded in at least a part of 
the voice-lcss period; and 

decoding the speech signal in the voice-less period by using the 
smoothed feature parameter. 

35. A method of decoding speech signal by changing a 
decoding operation corresponding to received feature parameters 
according to whether the speech signal is in a voice period or in a voice- 
less period, the method comprising the steps of: - 

smoothing at least one of the feature parameters according to an 
elapsed time from a time point when a transition occurs from the voice 
period to the voice-less period; and 

decoding the speech signal in the voice-less period by using the 
smoothed feature parameter. 

36. The method of claim 35, wherein the smoothing step further 
comprises the steps of: 

(a) providing at least one of the received feature parameters as It 
is as the smoothed feature parameter in a certain time period 
immediately after changing from the voice period to the voice-less 
period; and 

(b) smoothing at least one of the received feature parameters in 
a time period other than the certain time period. 
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37. A method of decoding speech signal by changing a 
decoding operation corresponding to received feature parameters 
according to whether the speech signal is in a voice period or in a voice- 
less period, the method comprising the steps of: 

smoothing at least one of the feature parameters according to 
the received feature parameters; and 

decoding the speech signal in the voice-less period by using the 
smoothed feature parameter. 

38. The method of claim 37, wherein the smoothing step further 
comprises the steps of: 

(a) providing at least one of the received feature parameters as it 
is as the smoothed feature parameter when a feature parameter 
satisfies a predetermined condition; and 

(b) smoothing at least on© of the received feature parameters 
after the condition is not satisfied. 

39. A method of decoding speech signal by changing a 
decoding operation corresponding to received feature parameters 
according to whether the speech signal is in a voice period or in a voice- 
less period, the method comprising the steps of: 

smoothing at least one of the feature parameters according to 
information representing whether the feature parameters are 
transmitted or not; and 

decoding the speech signal in the voice-less period by using the 
smoothed feature parameter. 

40. The method of claim 35, wherein the smoothing step 
smoothes at least one of the received feature parameters according to 
an elapsed time from when a transition occurs from the voice period to 
the voice-less period, and the feature parameters. 



37 



a ^3 m^s^a ei: "7 5 a 5 :i„ e e 



41 . The method of claim 35, wherein the smoothing step 
smoothes at least one of the received feature parameters according to 
an elapsed time from when a transition occurs from the voice period to 
the voice-less period, and at least one of the feature parameters, after 
at least one of the feature parameters is used as it is. 

42. The method of claim 37, wherein the smoothing step 
smoothes at least one of the received feature parameters occording to 
an elapsed time from when a transition occurs from the voice period to 
the voice-less period, and at least one of the feature parameters, after 
at least one of the feature parameters is used as it is. 

43. The method of claim 35, wherein the smoothing step further 
comprises the steps of: 

(a) providing at least one of the received feature parameters as it 
IS, in a first time period immediately after changing from the voice period 
to the voice-less period and in a second time period while the feature 
parameter satisfies a predetermined condition; and 

(b) smoothing at least one of the received feature parameters in 
a time direction after the first time period or the second time period is 
past. 

44. The method of claim 35. wherein the smoothing step 
changes a coefficient used to smooth at least one of the received 
feature parameters according to information representing whether the 
feature parameters are transmitted or not. 

45. The method of claim 37, wherein the smoothing step 
changes a coefficient used to smooth at least one of the received 
feature parameters according to information representing whether the 
feature parameters are transmitted or not. 

46 The method of claim 39 further comprising the step of 
receiving the information representing whether the feature parameters 
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are transmitted or not. 

47. The method of claim 44 further comprising the step of 
receiving the information representing whether the feature parameters 
are transmitted or not. 

48, The method of claim 45 further comprising the step of 
receiving the information representing whether the feature parameters 
are transmitted or not. 

49. A method of decoding speech signal based on received 
feature parameters by changing a decoding operation according to 
whether the speech signal Is in a voice period or in a voice-less period, 
at least a part of decoding process in the method in the voice-less 
period comprising the steps of: 

determining a weighting coefficient used to generate an 
excitation signal of the voice-less period by performing a weighted sum 
operation of plural types of signals based on at least one of the received 
feature parameters; and 

generating the excitation signal based on the weighting 
coefficient, and generating speech signal in the voice-less period by 
feeding the excitation signal to a synthesis filter. 

50, A method of decoding speech signal based on received 
feature parameters by changing a decoding operation according to 
whether the speech signal is in a voice period or in a voice-less period, 
at least a part of decoding process in the method in the voice-less 
period comprising the steps of: 

smoothing the received feature parameters and calculating 
smoothed parameters; 

determining a weighting coefficient used to generate an 
excitation signal of the voice-less period by performing a weighted sum 
operation of plural types of signals based on at least one of the 
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smoothed parameters; and 

generating the excitation signal based on the weighting 
coefficient, and generating speech signal in the voice-less period by 
feeding the excitation signal to a synthesis filter, 

51 . The speech decoding device of claim 34, wherein the 
feature parameters Includes at least one of a quantity representing 
spectral envelope of the signals to be decoded and a quantity 
representing power of the signals to be decoded. 

52. The speech decoding device of claim 35, wherein the 
feature parameters includes at least one of a quantity representing 
spectral envelope of the signals to be decoded and a quantity 
representing power of the signals to be decoded. 

53. The speech decoding device of claim 37, wherein the 
feature parameters includes at least one of a quantity representing 
spectral envelope of the signals to be decoded and a quantity 
representing power of the signals to be decoded. 

54. The speech decoding device of claim 39, wherein the 
feature parameters includes at least one of a quantity representing 
spectral envelope of the signals to be decoded and a quantity 
representing power of the signals to be decoded. 

55. The speech decoding device of claim 49, wherein the 
feature parameters includes at least one of a quantity representing 
spectral envelope of the signals to be decoded and a quantity 
representing power of the signals to be decoded. 

56. The speech decoding device of claim 50, wherein the 
feature parameters includes at least one of a quantity representing 
spectral envelope of the signals to be decoded and a quantity 
representing power of the signals to be decoded. 
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57. A recording medium which records a program performing a 
method of decoding speech signal by changing a decoding operation 
corresponding to received feature parameters according to whether the 
speech signal is in a voice period or in a voice-less period, the method 
comprising the steps of: 

smoothing the feature parameter representing spectral envelope 
characteristics of the speech signal to be decoded in at least a part of 
the voice-less period; and 

decoding the speech signal in the voice-less period by using the 
smoothed feature parameter. 

58- A recording medium which records a program performing a 
method of decoding speech signal by changing a decoding operation 
corresponding to plural types of received feature parameters according 
to whether the speech signal Is in a voice period or in a voice-less 
period, the method comprising the steps of: - ^ 

smoothing at least one of the feature parameters according to an 
elapsed time from a time point when a transition occurs from the voice 
period to the voicc-less period; and 

decoding the speech signal in the voice-less period by using the 
smoothed feature parameter. 

59. The recording medium of claim 58, wherein the smoothing 
step further comprises the steps of: 

(a) providing at least one of the received feature parameters as it 
is as the smoothed feature parameter in a certain time period 
immediately after changing from the voice period to the voice-less 
period; and 

(b) smoothing at least one of the received feature parameters in 
a time period other than the certain time period. 
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60. A recording medium which records a program performing a 
method of decoding speech signal by changing a decoding operation 
corresponding to plural types of received feature parameters according 
to whether the speech signal is in a voice period or in a voice-less 
period, the method comprising the steps of: 

smoothing at least one of the feature parameters according to 
the feature parameters; and 

decoding the speech signal in the voice-less period by using the 
smoothed feature parameter. 

61 . The recording medium of claim 60, wherein the smoothing 
step further comprises the steps of: 

(a) providing at least one of the received feature parameters as it 
is as the smoothed feature parameter while the feature parameter 
satisfies a predetermined condition; and 

(b) smoothing at least one of the received feature parameters 
after the condition is not satisfied, 

62. A recording medium which records a program performing a 
method of decoding speech signal by changing a decoding operation 
corresponding to plural types of received feature parameters according 
to whether the speech signal is in a voice period or in a voice-less 
period, the method comprising the steps of: 

smoothing at least one of the feature parameters according to 
information representing whether the feature parameters are 
transmitted or not; and 

decoding the speech signal in the voice-less period by using the 
smoothed feature parameter. 

63. The recording medium of claim 58, wherein the smoothing 
step smoothes at least one of the received feature parameters 
according to an elapsed time from when a transition occurs from the 
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voice period to the voice-less period, and the feature parameters. 

64. The recording medium of claim 58. wherein the smoothing 
step smoothes at least one of the received feature parameters 
according to an elapsed time from when a transition occurs from the 
voice period to the voice-less period, and at least one of the feature 
parameters, after at least one of the feature parameters is used as it is. 

65. The recording medium of claim 60, wherein the smoothing 
step smoothes at least one of the received feature parameters 
according to an elapsed time from when a transition occurs from the 
voice period to the voice-less period, and at least one of the feature 
parameters, after at least one of the feature parameters is used as It Is. 

66. The recording medium of claim 58, wherein the smoothing 
step further comprises the steps of: 

(a) providing at least one of the received feature parameters as it 
is, in a first time period immediately after changing from the voice period 
to the voice-less period and in a second time period while the feature 
parameter satisfies a predetermined condition; and 

(b) smoothing at least one of the received feature parameters in 
a time direction after the first time period or the second time period is 
past. 

67. The recording medium of claim 58, wherein the smoothing 
step changes a coefficient used to smooth at least one of the received 
feature parameters according to information representing whether the 
feature parameters are transmitted or not. 

68. The recording medium of claim 60, wherein the smoothing 
step changes a coefficient used to smooth at least one of the received 
feature parameters according to information representing whether the 
feature parameters are transmitted or not. 
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69, The recording medium of claim 62 further comprising the 
step of receiving the information representing whether the feature 
parameters are transmitted or not. 

70- The recording medium of claim 57 further comprising* the 
step of receiving the information representing whether the feature 
parameters are transmitted or not. 

71 . The recording medium of claim 68 further comprising the 
step of receiving the information representing whether the feature 
parameters are transmitted or not. 

72. A recording medium which records a program performing a 
method of decoding speech signal based on received feature 
parameters by changing a decoding operation according to whether the 
speech signal is in a voice period or in a voice-less period, at least a 
part of decoding process in the method in the voice-less period 
comprising the steps of: 

determining a weighting coefficient used to generate an 
excitation signal of the voice-less period by performing a weighted sum 
operation of plural types of signals based on at least one of the received 
feature parameters; and 

generating the excitation signal based on the weighting 
coefficient, and generating speech signal in the voice-less period by 
feeding the excitation signal to a synthesis filtor. 

73. A recording medium which records a program performing a 
method of decoding speech signal based on received feature 
parameters by changing a decoding operation according to whether the 
speech signal is in a voice period or in a voice-less period, at least a 
part of decoding process in the method in the voice-less period 
comprising the steps of: 
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smoothing the received feature parameters and calculating 
smoothed parameters; 

determining a weighting coefficient used to generate an 
excitation signal of the voice-less period by performing a weighted sum 
operation of plural types of signals based on at least one of the 
smoothed parameters; and 

generating the excitation signal based on the weighting 
coefficient, and generating speech signal in the voice-less period by 
feeding the excitation signal to a synthesis filter. 
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